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Description
BACKGROUND OF THE INVENTION

[0001] The invention relates to a method and system
for silently monitoring calls routed through an automatic
call distributor (ACD) system and, more specifically, to a
method and a system for silently monitoring ACD calls
in a voice-over-data-network environment.

[0002] ACD systems are employed in a wide range of
customer service environments and provide ACD users
with an economical and powerful means for providing
customer service. Calls can be automatically routed to
ACD agents who possess the skills required for a partic-
ular call. Management of a customer service department
is facilitated by the ability of a manager or supervisor to
monitor calls directed to agents and to analyze perform-
ance of the agents. The supervisor, utilizing a single ter-
minal, is able to conveniently switch between different
ACD agent calls and thereby directly monitor the job per-
formance of a large number of ACD agents.

[0003] An example of an ACD for providing customer
support for computers and peripheral devices might in-
clude a greeting which requires the customer to select
from a choice of computer related questions regarding
printer malfunctions, an inability to run particular appli-
cations on the computer, and software installation on a
computer. The option which the customer selects causes
the ACD system to transfer the call to a particular agent
whose skills match the needs of the customer, as indi-
cated by the selection. Once the call has been answered
by an ACD agent, a supervisor can silently monitor the
call to evaluate the agent’s performance and make rec-
ommendations. Further examples of voice monitoring
and ACD systems are disclosed in US-A-5 757 889 and
"Sulkin A: 'Building the ACD-LAN CONNECTION’ Busi-
ness Communications Review, Hinsdale, IL, US, 1 july
1996"

[0004] With the rapid development of computer net-
work communications capabilities, many of the functions
provided by an ACD system can now be performed in a
distributed network environment. However, certain ob-
stacles remain to providing effective ACD functionality in
a distributed network environment. Specifically, the dom-
inant protocols for voice-over-data-network telephony,
for instance the H.323 standard of the International Tel-
ecommunication Union, do not provide an effective
means for silently monitoring a call.

[0005] A voice-over-data-network call, for instance a
telephony-over-LAN (TOL) call, includes afirst voice data
stream transmitted from an agent terminal to a customer
terminal and a second voice data stream transmitted from
the customer terminal to the agent terminal. One known
method for enabling a supervisor terminal to monitor the
call includes establishing a monitoring call between the
agent terminal and the supervisor terminal. The agent
terminal utilizes a digital signal processor (DSP) to mix
voice samples from the first voice data stream with voice
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samples from the second voice data stream into a third
voice data stream which is transmitted to the supervisor
terminal over the monitoring call. Requiring all agent ter-
minals to have the DSP capabilities to mix the voice sam-
ples is often impractical, because of the cost associated
with DSP resources required for mixing voice samples.
The cost of the ACD system becomes significantly great-
er if each agent terminal must include the sample-mixing
sophistication.

[0006] What is required is a method and system for
enabling a supervisor terminal to silently monitor agent
calls without requiring agent terminals to include sub-
stantial otherwise unnecessary resources in establishing
the monitoring capability.

SUMMARY OF THE INVENTION

[0007] The present invention provides a method and
system for enabling monitoring of a first voice-over-data
network call between two terminals. A first terminal is
configured to transmit first and second voice data of the
first network call to a monitoring terminal over a second
voice-over-data-network call without integrating voice
samples from the first and second voice data. Typically,
the first voice data is voice information generated at the
first terminal for transmission to a user at a second ter-
minal, while the second voice data is voice information
generated at the second terminal for transmission to a
user at the first terminal.

[0008] The first terminal cooperates with the monitor-
ing terminal to establish the monitoring voice-over-data-
network call between the first and monitoring terminals
in response to a call-setup request by the monitoring ter-
minal. The first terminal transmits the first and second
voice data over the monitoring call without integrating
voice samples of the first voice data with voice samples
of the second data. Because the first terminal is able to
transmit the first and second voice data to the monitoring
terminal without having to integrate voice samples, less
processing power is required by the first terminal.
[0009] In a preferred embodiment the system and
method are practiced in a telephony-over-LAN environ-
ment, wherein the LAN supports a distributed ACD sys-
tem. The first terminal is an ACD agent terminal, the sec-
ond terminal is a customer terminal, and the monitoring
terminal is an ACD supervisor terminal. The agent termi-
nal inspects time stamps of data packets in the first call
to determine if the time stamps indicate that a first packet
of first voice data was transmitted from the agent terminal
over the first call at the same time that a second packet
of second voice data was transmitted from the customer
terminal. If the first packet was transmitted at the same
time as the second packet, this indicates that the agent
and customer were talking simultaneously. Two different
embodiments are employed to transmit first and second
voice data over the monitoring call that were simultane-
ously transmitted in the first call.

[0010] In a preferred embodiment, first bytes of first
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voice data are multiplexed with second bytes of second
voice datato form hybrid voice data packets with sequen-
tially alternating first and second bytes. These hybrid
voice data packets are transmitted to the monitoring ter-
minal where they are de-multiplexed. Multiplexing first
and second voice data prior to transmission to the mon-
itoring terminal is preferred because multiplexing effec-
tively reduces delay which results from real-time trans-
mission in the monitoring call of simultaneously generat-
ed first and second voice data.

[0011] Inanalternative embodiment, prior to transmis-
sion over the monitoring call, first voice data is framed
into first data packets and second voice data is framed
into second data packets such that each first data packet
includes first voice data with a transmission time frame
which overlaps with the transmission time frame of voice
data in consecutive second data packets. Likewise, each
second data packet includes voice data with a transmis-
sion time frame which overlaps with the transmission time
frame of voice datain consecutive first data packets. That
is, the framing of the first voice data and second voice
data is shifted from the framing alignment in the first call.
Consequently, the framing of the first data packets is out
of phase with respect to the framing of the second data
packets. Preferably, the framing of the first and second
voice data is such that the transmission time frame of
voice data of each first data packet overlaps with approx-
imately 50% of the voice data in each of two second data
packets and, conversely, such that the transmission time
frame of voice data in each second data packet overlaps
with approximately 50% of the voice data in each of two
first data packets.

[0012] After the first and second voice data are re-
framed in the above-described manner, the reframed first
and second data packets are alternately transmitted from
the agent terminal to the monitoring terminal. In compar-
ison to transmission delay associated with consecutive
transmission of first and second data stream packets
having 100% overlapping first call transmission time
frames, transmission delay is reduced by 50% of the
processing time for the preceding packet, because the
preceding packet only contains 50% voice data having
an overlapping first call transmission time frame.

[0013] By refraining from integrating voice samples
from the first and second data streams prior to transmit-
ting voice data over the monitoring call, the agent terminal
does not require as much processing power. In addition
to transmitting first and second voice data from the agent
terminal to the monitoring terminal, the monitoring call
can support voice information transmitted from the mon-
itoring terminal to the agent terminal. The supervisor is
able to communicate suggestions to the agent over the
monitoring call while the first call is in progress. Advan-
tageously, the customer terminal does not receive the
voice information transmitted from the supervisor termi-
nal.

[0014] The agent terminal is also configured to deter-
mine processor resource availability and to request a
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higher bandwidth for the monitoring call compared to the
bandwidth utilized in the first call if insufficient processing
resources are available to enable the agent terminal to
compress first and second data at a higher compression
level than in the first call.

[0015] Inadditionto enabling monitoring of voice-over-
data-network calls, the system of the present invention
can also be utilized to enable monitoring of video
streams.

BRIEF DESCRIPTION OF THE DRAWINGS
[0016]

Fig. 1 is a high level schematic diagram illustrating
a silent call monitoring system in a telephony-over-
LAN environmentaccording to the presentinvention.
Fig. 2 is a block diagram of the components of an
agent terminal and a supervisor terminal of the silent
call monitoring system shown in Fig. 1.

Fig. 3 is a diagram of a multiplexed voice stream
data packet according to a first embodiment of the
silent call monitoring system shown in Fig. 1.

Fig. 4 is a diagram illustrating the framing of first and
second data streams according to a second embod-
iment for the silent call monitoring system in Fig. 1.
Fig. 5 is a flow diagram of a process for a preferred
silent call monitoring method in a telephony-over-
LAN environment.

Fig. 6 is a flow diagram of a process for an alternate
silent call monitoring method.

DETAILED DESCRIPTION

[0017] With reference to Fig. 1, a system for silent call
monitoring enables a supervisor terminal 12 to monitor
a first voice-over-data-network call, for instance a teleph-
ony-over-LAN (TOL) call, between an agent terminal 10
and a customer terminal 14. The system is most advan-
tageously employed in a Automatic Call Distribution
(ACD) system which directs incoming customer calls to
multiple ACD agents (not shown). Itis of importance that
the agents provide a high level of customer service, and
one of the ways of promoting high service levels is to
provide the agents with feedback and constructive criti-
cism of the agents’ performance. The most effective
means for providing feedback to an agent is to enable a
supervisor to monitor calls to the agent, so that the su-
pervisor can directly observe the agentin action. Current
TOL call signaling and setup protocols, for instance the
H.323 protocol, enable multipoint conferencing. Howev-
er, multipoint conferencing is wasteful of call setup and
call signaling resources. The silent call monitoring sys-
tem to be described below provides an efficient method
for monitoring a TOL call between the agent terminal and
the customer terminal.

[0018] A first TOL call 15 includes a first voice data
stream 16 in which digitized voice information is trans-
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mitted from the agent terminal 10 to the customer terminal
14 and further includes a second voice data stream 18
which includes digitized voice information transmitted
from the customer terminal to the agent terminal. The
first and second data streams are two of many data
streams transmitted over the first TOL call 15 wherein
each data stream contains voice data representing a por-
tion of a conversation between the agent and the cus-
tomer. The agent terminal 10 and the supervisor terminal
12 cooperate to establish a monitoring call 17 over which
the agent terminal transmits the first and second voice
data streams 16 and 18 to the supervisor terminal. The
first and second voice data streams are transmitted to
the supervisor terminal without mixing voice samples
from the data streams prior to transmission. That is, the
first terminal 10 does not integrate first data stream voice
samples with second data stream voice samples to pro-
duce a single integrated voice sample from which the
firstand second data stream voice samples are not read-
ily separable. The fact that the agent terminal does not
need to perform mixing of the voice samples significantly
reduces the processing requirements of the agent termi-
nal. Furthermore, because the agent terminal is only re-
quired to set up a single monitoring call, instead of two
separate calls which each include one of the voice data
steams, the agent terminal conserves resources during
call setup as well as network bandwidth.

[0019] Referring to Fig. 2, the customer terminal 14
includes a system control 28 and a transceiver 32 which
cooperate with a system control 24 and transceiver 30
at the agent terminal 10 to establish the first call 15. If
the customer is located on another network, the call setup
will be facilitated by a gateway (not shown). The gateway
can also facilitate call setup from a customer terminal on
a different type of network, so that the customer terminal
might be a digital telephone on an Integrated Services
Data Network (ISDN) linked to the agent terminal via the
gateway.

[0020] Once the first call has been established be-
tween the customer and agent terminals 14 and 10, the
user of the supervisor terminal 12 might decide to monitor
the first call. The supervisor terminal transmits a moni-
toring call setup request 22 to the agent terminal. The
monitoring call setup request specifically identifies to the
agent terminal that the request is for a monitoring call,
as opposed to a multipoint conference call or a point-to-
point call. The agent terminal system control recognizes
the monitoring call setup request and requests bandwidth
equal to up to twice the bandwidth utilized in the first call
if insufficient processor resources are available in the
agentterminal. If sufficient processor resources are avail-
able, the agent terminal requests less than twice the
bandwidth of the first call and enables a higher compres-
sion level in the monitoring call than was utilized in the
first call. The higher compression is selectively enabled
to compress simultaneously transmitted first and second
data stream voice data.

[0021] In a preferred embodiment, the supervisor ter-
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minal 12 includes an audio mixer 36 to enable the super-
visor terminal to mix voice samples from the first voice
data stream 16 with voice samples from the second voice
data stream 18 to form a single voice data stream at the
supervisor terminal end of the monitoring call. If the first
call includes first and second video streams, the super-
visor terminal will also include a video mixer (not shown).
Locating the mixing functionality in the supervisor termi-
nal 12, as opposed to the agent terminal 10, is more
economical in the context of an ACD system, because
the agent terminals substantially outnumber the super-
visor terminals. The monitoring call enables transmission
of asupervisor voice data stream 20 to the agent terminal
10. Whereas a multipoint conference call would transmit
the supervisor voice data stream to the customer terminal
14, the monitoring call, because it is independent of the
first call, does not allow the supervisor voice data stream
tobe transmitted to the customer terminal. Consequently,
while the supervisor monitors conversation in the first
call, the supervisor is able to pass on comments and
suggestions to the ACD agent without the comments
reaching the customer.

[0022] The agent terminal system control 24 monitors
time stamps of first voice data stream packets and sec-
ond voice data stream packets to identify any packets
which were transmitted from the agent terminal 10 simul-
taneously with transmission of packets from the customer
terminal 14. Simultaneously transmitted packets are the
result ofthe agentand the customer speaking atthe same
time in the first call. Packets which were simultaneously
transmitted over the first call should be transmitted in the
monitoring call in such a manner as to minimize trans-
mission delay. Two embodiments are employed by the
call monitoring system to ensure that delay remains at
an acceptable level; afirstembodiment multiplexes bytes
from the first voice data stream with bytes from the sec-
ond voice data stream, and the second embodiment em-
ploys alternately transmitting first and second voice data
stream packets.

[0023] Inthe multiplexing embodiment, bytes from the
first voice data stream are multiplexed with bytes from
the second voice data stream at the agent terminal, such
that first and second voice data stream bytes are alter-
nately sequenced in a packet which is transmitted over
the monitoring call. Although the multiplexing embodi-
ment combines first data stream bytes with second data
stream bytes into a single packet, the voice data from
the first and second voice data streams is not integrated
to form a single integrated voice data stream. That is,
multiplexing is separate and distinct from mixing voice
samples. The agentterminal system control 24 and trans-
ceiver 30 cooperate to multiplex the first and second
voice data stream bytes into multiplexed packets which
are transmitted to the supervisor terminal 12, where the
packets are de-multiplexed. Referring to Fig. 3, a sixty-
six byte multiplexed packet 40 includes sequentially al-
ternating first data stream bytes (S;) and second data
stream bytes (S,), beginning at (S;); and (S,); and con-
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tinuing up to (S4)33 and (S,)33.

[0024] By alternating first and second data stream
bytes into a multiplexed packet, as shown in Fig. 3, delay
is significantly reduced in comparison to simply alternat-
ing transmission of first and second data stream packets.
If first data stream packets are alternately transmitted
with second data stream data packets, an (S,) byte of a
first data stream packet is not processed by the supervi-
sor terminal until the preceding second data stream pack-
et has been received and processed by the supervisor
terminal. Thus, the inherent delay associated with simple
alternate packet transmission is approximately a 66 byte
time delay. In contrast, the multiplexing embodiment of
the call monitoring system only introduces approximately
a single byte time delay, because processing of each
(Sy) byte is only delayed until the preceding (S,) byte is
processed by the supervisor terminal.

[0025] With reference to Fig. 4, an alternative embod-
iment for transmitting the first and second data streams
from the agent terminal to the supervisor terminal in-
volves alternating transmission of first data stream pack-
ets with second data stream packets and framing the first
and second data stream packets in such a manner as to
reduce delay. The first voice data stream 16 includes
packets S; P, through S;P, and the second data stream
18 includes packets S,P, through S,P,. The voice data
in packets S;P; through S;P, and S,P; through S,P,
was transmitted simultaneously in the first call from the
agent terminal 10 and the customer terminal 14 respec-
tively during a 10 millisecond span. The S;P; packet is
framed to include voice data which was transmitted from
the agent terminal in the first call simultaneously with
transmission from the customer terminal of a portion of
voice data in the S,P; packet and a portion of the voice
data in the S,P, packet. Preferably, the framing of the
first and second data stream is performed by the agent
terminal 10 such that the voice data which comprises the
first 50% of S;P, was transmitted simultaneously with
the voice data which comprises the second 50% of S,P,
and the voice data which comprises the second 50% of
S, P, was transmitted simultaneously with the voice data
which comprises the first 50% of S,P,.

[0026] By framing voice data from the first and second
data streams into data packets in the above described
manner, delay can be significantly reduced. If a first data
stream packetis framed such that there is a 100% overlap
with a second data stream packet, and the first data
stream packet is transmitted from the agent terminal 10
in the monitoring call subsequent to transmission of the
second data stream packet, the first data stream data
packet will not be processed by the supervisor terminal
until the second data stream packet is completely proc-
essed. Consequently, a delay equal to the processing
time of a single packet is introduced into the system. In
contrast, by framing the packets according to Fig. 4, the
delay is effectively reduced in half, because only half of
the preceding packet was simultaneously transmitted.
[0027] Referring to Fig. 5, a method for enabling silent
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call monitoring in a TOL environment includes the step
46 of setting up a first call 15 between an ACD agent
terminal 10 and a customer terminal 14. The first TOL
call includes multiple voice data streams transmitted be-
tween the ACD agent 10 and customer terminals. A first
voice data stream contains agent voice data transmitted
from the agent terminal 10 and a second voice data
stream carrying agentvoice datato the customer terminal
14. Occasionally, the agent and the customer will speak
in the first call simultaneously so that, for instance, first
data stream packets will be transmitted in the first call
simultaneously with the transmission of second data
stream packets. Typically, the agent terminal will be one
of multiple agent terminals in an ACD system which in-
cludes a means for routing incoming customer calls, such
as a gateway. Once the gateway has facilitated estab-
lishing the first call, a supervisor terminal 12 transmits a
request to the agent terminal in step 48 to establish a
monitoring call which enables the supervisor terminal to
monitor the first call. Upon receiving the request, the
agent terminal proceeds to set up the monitoring call in
step 50.

[0028] As part of the call setup, in step 52 the agent
terminal determines whether it has access to sufficient
processor resources to support bandwidth in the moni-
toring call approximately equal to the bandwidth of the
first call. If sufficient processor resources are available,
in step 54 the agent terminal enables a higher compres-
sion level for transmission of first and second data stream
voice packets in the monitoring call than was utilized to
transmit the voice packets in the first call. If the higher
compression level is enabled, the compression of the
voice data in the first and second data streams occurs
prior to re-packetizing the voice data for transmission
over the monitoring call. If sufficient processor resources
are not available, in step 55 the agent terminal requests
a higher bandwidth than was utilized in the first call.
[0029] The agentterminal monitors the first call for time
stamps associated with first and second data stream
voice packets to detect any simultaneous voice data
transmissions. So long as the agent and the customer
do not talk at the same time, first and second data stream
voice packets can be transmitted over the monitoring call
without serious concern for transmission delay or latency
in the monitoring call. In step 58, if no simultaneous trans-
mission is detected, the agent terminal simply transmits
first data stream voice packets and second data stream
voice packets in the order in which they were received
and transmitted in the first call. Throughout the monitor-
ing call the agent terminal continuously monitors the first
call for simultaneously transmitted agent voice data and
customer voice data. When the agent and the customer
talk at the same time, the agent voice data and the cus-
tomer voice data must be transmitted over the monitoring
call for simultaneous presentation at the supervisor ter-
minal with as little transmission delay as possible.
[0030] If a simultaneous transmission of agent voice
data and customer voice data is detected in step 56, the



9 EP 0981 238 B1 10

agent terminal packetizes voice data from the first and
second data streams in step 60 such that agent voice
data bytes are alternated sequentially in each packet with
customer voice data bytes. In step 62 the agent terminal
transmits the multiplexed packets to the supervisor ter-
minal in the monitoring call. The supervisor processes
the multiplexed packets to separate the first and second
data streams and then mixes the voice samples.

[0031] In an alternative embodiment, if the agent ter-
minal detects a simultaneous transmission in the first call
in step 56, instead of multiplexing agent voice data and
customer voice data, the agent terminal reframes the
voice packets of the first and second data streams and
alternately transmits reframed first and second data
stream packets over the monitoring call. The first and
second call setup procedures are substantially the same
in both embodiments. Referring to Fig. 6, the first call 15
is set up in step 64 between the agent and customer
terminals 10 and 14. In response to a request to establish
a monitoring call received from the supervisor terminal
12 in step 66, the monitoring call 17 is established in step
68. In step 70 the agent terminal determines whether it
has sufficient processing resources to transmit the first
and second voice data streams over a monitoring call
having substantially the same bandwidth as the first call.
If sufficient processing resources are available, in step
72 the agent terminal enables a higher compression level
which is utilized in monitoring call transmissions to further
compress agent voice data and customer voice data
which were simultaneously transmitted over the first call.
If sufficient bandwidth is not available, the agent terminal
requests a higher bandwidth for the monitoring call than
was utilized for the first call in step 74. In step 76, the
agent terminal 10 continuously monitors the first call dur-
ing the entire monitoring call to determine whether agent
and customer voice data were simultaneously transmit-
ted over the first call. When no simultaneously transmit-
ted voice datais detected, in step 78 agent and customer
voice data are transmitted over the monitoring call in the
same order in which they were transmitted in the first call
without significant alteration of the format of the agent
and customer voice data.

[0032] If simultaneously transmitted agent and cus-
tomer voice data is detected in step 76, the first and sec-
ond data streams 16 and 18 are reframed in step 80 into
packets so that each first data stream packet is com-
prised of voice data having a first call time frame which
partially overlaps with the time frames of voice data in
each of two second data stream voice packets. Likewise,
the first call time frame of voice data in each second data
stream packet overlaps with the first call time frames of
voice data in each of two first data stream voice packets.
In order to minimize delay most effectively, the time frame
of each voice packet of one data stream overlaps with
50% of each of two time frames of voice packets of the
other data stream. After the first and second data stream
voice packets have been thus reframed, the first and sec-
ond data stream voice packets are alternately transmitted
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in the monitoring call to the supervisor terminal 12 in step
82.

[0033] The presentinvention extends the ability to per-
form ACD silent monitoring to a TOL environment. Ad-
vantageously, the method and system of the present in-
vention establish a monitoring call which does not require
agent terminals to possess the processor resources to
perform mixing of voice samples prior to transmission of
agent voice data and customer voice data to the super-
visor terminal. At most, the agent terminal either multi-
plexes the first and second data stream or reframes the
voice data in the first and second data streams to mini-
mize transmission delay in the monitoring call. The proc-
essor resources to perform mixing of voice samples in
the first and second data streams can be more econom-
ically located in the supervisor terminals, as opposed to
the agent terminal. This is more economical in ACD sys-
tems because the number of ACD agents typically sub-
stantially exceeds the number of supervisors.

Claims

1. A method for permitting a monitoring terminal (12)
to silently monitor a first voice-over-data-network call
(15) between first and second terminals (10 and 14)
in a telephony over data network environment com-
prising the steps of:

setting up (46 and 64) said first voice-over-data-
network call, said first voice-over-data-network
call including a first data stream (16) including
first voice samples originating from said first ter-
minal and a second data stream (18) including
second voice samples generated by said sec-
ond terminal and received at said first terminal;
receiving (48 and 66) a request (22) from said
monitoring terminal to monitor said first voice-
over-data-network call;

setting up (50 and 68) a second voice-over-data-
network call (17) between said first terminal and
said monitoring terminal; and characterised by
transmitting (62 and 70) said first voice samples
and said second voice samples from said first
terminal to said monitoring terminal within said
second voice-over-data-network call without
producing a single integrated voice data stream
from said first voice samples and second voice
samples.

2. The method of claim 1 wherein said step of trans-
mitting (62) said first and said second voice data (16
and 18) to said monitoring terminal includes:

inspecting (56 and 76) time stamps of first voice
data packets of said first data stream (16) and
time stamps of second voice data packets of
said second data stream (18) to determine
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whether afirstvoice data packetwas transmitted
in said first call (15) from said first terminal si-
multaneously with transmission of a second
voice data packet; and

if said simultaneous transmission was detected,
multiplexing (60) bytes from said first voice data
packet with bytes from said second voice data
packet to form a multiplexed packet prior to said
transmitting step.

The method of claim 1 further comprising the steps
of:

monitoring (56 and 76) said first call for a quantity
of said first voice samples transmitted from said
firstterminal (10) in said first call simultaneously
with transmission from said second terminal (14)
of a quantity of said second voice samples; and
if said simultaneous transmission is identified in
said first call (15), framing said quantity of first
voice samples into first packets (16) and framing
(80) said quantity of second voice samples into
second packets (18) such that each first packet
has a transmission time that overlaps transmis-
sion times of consecutive second packets.

The method of claim 3 wherein said step of framing
(80) said quantity of first voice samples and said
guantity of second voice samples includes framing
said second portion of said quantity of second voice
samples such that said second portion is divided
substantially equally into said two consecutive sec-
ond voice data packets.

The method of claim 2, 3, or 4 wherein said step of
setting up (50 and 68) said second voice-over-data-
network call (17) includes:

determining (52 and 70) available processor re-
sources in said first terminal (10); and

if insufficient processor resources are available
to enable said first terminal to compress said
first voice samples (16) and said second voice
samples (18) at a higher compression level than
was utilized to transmit said first voice samples
and said second voice samples in said first call
(15), requesting (55 and 74) a higher bandwidth
for said second call than was utilized in said first
call.

6. A system for enabling silent monitoring of a first

voice-over-data-network call (15) comprising:

a monitoring device (12) having a first system
control (26) for supporting a monitoring voice-
over-data-network call (17), said system control
being responsive to a user input to generate a
call setup request (22) for said monitoring call;
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and

a monitored device (10) in communicative con-
tact with said monitoring device over a data net-
work and configured to establish (46 and 64)
said first voice-over-data-network call to a re-
mote device (14) such that said first call includes
a first data stream (16) including first voice sam-
ples transmitted from said monitored device and
a second data stream (18) including second
voice samples received at said monitored de-
vice and generated by said remote device, said
monitored device comprising:

a) a second system control (24) for support-
ing said monitoring call, said second system
control being responsive to said call setup
request to establish (50 and 68) said mon-
itoring call; and characterised by

b) a transceiver (30) for transmitting (62 and
82) said first voice samples and said second
voice samples in said monitoring call with-
out producing a single integrated voice data
stream from said first voice samples and
second voice samples.

The system of claim 6 wherein said second system
control (24) is configured for monitoring (56) said first
call for a first quantity of said first voice samples
which was transmitted simultaneously with a second
quantity of said second voice samples in said first
call (15), said second system control being further
configured for combining (60) first bytes from said
quantity offirst voice samples with second bytes from
said quantity of second voice samples to form a com-
bined packet (40) for transmission in said monitoring
call (17) to said monitoring device (12).

The system of claim 6 wherein said second system
control (24) is configured for monitoring (76) said first
call (15) for a quantity of said first voice samples
transmitted from said monitored device (10) simul-
taneously with transmission of a quantity of said sec-
ond voice samples, said second system control be-
ing responsive to detection of a quantity of said first
voice samples and a quantity of said second voice
samplesto frame (80) said quantity of first voice sam-
ples into first data packets and said quantity of sec-
ond voice samples into second data packets such
that each of said first data packets includes a portion
of said quantity of first voice samples having a trans-
mission time frame identical to a transmission time
frame of a portion of said quantity of second voice
samples, wherein said portion of said quantity of sec-
ond voice samples is divided into two of said second
data packets.

The system of claim 7 or 8 wherein said second sys-
tem control (24) is configured to determine (52 and
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70) processor resource availability in said monitored
device (10) and to request (55 and 74) a higher band-
width for said monitoring call (17) than was utilized
in said first call (15) if insufficient processor resourc-
es are available to said monitored device to com-
press (54 and 72) said quantity of first voice samples
and said quantity of second voice samples at a higher
compression level thanwas utilized to compress said
quantity of first voice samples and said quantity of
second voice samples in said first call.

Patentanspriiche

1.

Verfahren, das es einem tiberwachenden Endgeréat
(12) ermdglicht, eine erste Sprache-lUiber-Daten-
netzwerk-Verbindung (15) zwischen einem ersten
und einem zweiten Endgerat (10 bzw. 14) in einer
Telefonie-Uiber-Datennetzwerk-Umgebung still zu
tiberwachen, wobei das Verfahren die folgenden
Schritte umfasst:

Aufbauen (46 und 64) der besagten ersten Spra-
che-uber-Datennetzwerk-Verbindung, wobei
die besagte erste Sprache-tber-Datennetz-
werk-Verbindung einen ersten Datenstrom (16),
der erste Sprachmuster beinhaltet, die von dem
besagten ersten Endgerat stammen, und einen
zweiten Datenstrom (18), der zweite Sprachmu-
ster beinhaltet, die von dem besagten zweiten
Endgerat erzeugt und an dem besagten ersten
Endgerat empfangen werden, umfasst;
Empfangen (48 und 66) einer Anforderung (22)
zur Uberwachung der besagten ersten Sprache-
Uiber-Datennetzwerk-Verbindung von dem be-
sagten uberwachenden Endgeréat;

Aufbauen (50 und 68) einer zweiten Sprache-
Uiber-Datennetzwerk-Verbindung (17) zwischen
dem besagten ersten Endgerat und dem besag-
ten Uberwachenden Endgerat; und gekenn-
zeichnet durch

Ubertragen (62 und 70) der besagten ersten
Sprachmuster und der besagten zweiten
Sprachmuster von dem besagten ersten End-
gerat an das besagte (iberwachende Endgerat
Uber die besagte zweite Sprache-lUber-Daten-
netzwerk-Verbindung, ohne einen einzigen in-
tegrierten Sprachdatenstrom aus den besagten
ersten und zweiten Sprachmustern zu erzeu-
gen.

Verfahren gemafd Anspruch 1, wobei der besagte
Schritt des Ubertragens (62) der besagten ersten
und der besagten zweiten Sprachdaten (16 und 18)
an das besagte Uberwachende Endgerat umfasst:

Prufen (56 und 76) der Zeitstempel der besagten
ersten Sprachdatenpakete aus dem besagten
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ersten Datenstrom (16) sowie der Zeitstempel
der zweiten Sprachdatenpakete aus dem be-
sagten zweiten Datenstrom (18), um festzustel-
len, ob ein erstes Sprachdatenpaket tber die
besagte erste Verbindung (15) von dem besag-
ten ersten Endgerét zeitgleich mit der Ubertra-
gung eines zweiten Sprachdatenpakets Uber-
tragen wurde; und

wenn besagte zeitgleiche Ubertragung erkannt
wurde, Multiplexen (60) von Bytes aus dem be-
sagten ersten Sprachdatenpaket mit Bytes aus
dem besagten zweiten Sprachdatenpaket, um
vor dem besagten Schritt des Ubertragens ein
gemultiplextes Sprachdatenpaket zu erzeugen.

3. Verfahren gemaf Anspruch 1, das ferner die folgen-

den Schritte umfasst:

Uberwachen (56 und 76) der besagten ersten
Verbindung fiir eine Anzahl der besagten ersten
Sprachmuster, die von dem besagten ersten
Endgeréat (10) Uber die besagte erste Verbin-
dung zeitgleich mit der Ubertragung einer An-
zahl der besagten zweiten Sprachmuster von
dem besagten zweiten Endgerat (14) Ubertra-
gen werden; und

wenn besagte zeitgleiche Ubertragung auf der
besagten ersten Verbindung (15) erkannt wird,
Gliedern der besagten Anzahl von ersten
Sprachmustern in Form von Datenrahmen in er-
sten Sprachdatenpaketen (16) sowie Gliedern
(80) der besagten Anzahl von zweiten Sprach-
mustern in Form von Datenrahmen in zweiten
Sprachdatenpaketen (18) in der Weise, dass je-
des erste Sprachdatenpaket eine Ubertra-
gungszeit aufweist, die sich mit den Ubertra-
gungszeiten zweier aufeinander folgender zwei-
ter Sprachdatenpakete Uberschneidet.

Verfahren gemafld Anspruch 3, wobei der besagte
Schritt des Gliederns (80) der besagten Anzahl von
ersten Sprachmustern und der besagten Anzahlvon
zweiten Sprachmustern in Datenrahmen beinhaltet,
dass der besagte zweite Teil der besagten Anzahl
von zweiten Sprachmustern derart in Datenrahmen
gegliedert wird, dass der besagte zweite Teil im We-
sentlichen zu gleichen Teilen auf die besagten bei-
den aufeinander folgenden zweiten Sprachdatenpa-
kete verteilt wird.

Verfahren gemaf Anspruch 2, 3 oder 4, wobei der
besagte Schritt des Aufbauens (50 und 68) der be-
sagten zweiten Sprache-uber-Datennetzwerk-Ver-
bindung (17) umfasst:

Ermitteln (52 und 70) der verfigbaren Prozes-
sorressourcen an dem besagten ersten Endge-
rat (10); und
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wenn nicht geniigend Prozessorressourcen zur
Verfligung stehen, um das besagte erste End-
geratin die Lage zu versetzen, die besagten er-
sten Sprachmuster (16) und die besagten zwei-
ten Sprachmuster (18) mit einer héheren Kom-
primierungsrate zu komprimieren, als sie fur die
Ubertragung der besagten ersten Sprachmu-
ster und der besagten zweiten Sprachmuster
Uber die besagte erste Verbindung (15) verwen-
detwurde, Anfordern (55 und 74) einer gro3eren
Bandbreite fur die besagte zweite Verbindung,
als fur die besagte erste Verbindung genutzt
wurde.

System zur Ermdglichung der stillen Uberwachung
einer ersten Sprache-uUber-Datennetzwerk-Verbin-
dung (15), das umfasst:

ein Uberwachendes Gerét (12), das eine erste
Systemsteuerung (26) enthalt, um eine Spra-
che- (iber- Datennetzwerk- Uberwachungsver-
bindung (17) zu unterstitzen, wobei die besagte
Systemsteuerung auf eine Benutzereingabe
zum Erzeugen einer Verbindungsanforderung
(22) fur die besagte Uberwachungsverbindung
reagiert; und

ein Uberwachtes Geréat (10), das Uber ein Da-
tennetzwerk in Kommunikationsverbindung mit
dem besagten Uberwachenden Gerét steht und
daftr konfiguriertist, die besagte erste Sprache-
tiber-Datennetzwerk-Verbindung zu einem ent-
fernten Geréat (14) herzustellen (46 und 64), der-
art, dass die besagte erste Verbindung einen
ersten Datenstrom (16) enthalt, der erste
Sprachmuster enthdlt, die von dem besagten
Uiberwachten Gerat tUbertragen werden, und
einen zweiten Datenstrom (18), der zweite
Sprachmuster enthdlt, die an dem besagten
Uiberwachten Gerat empfangen werden und von
dem besagten entfernten Geréterzeugtwurden,
wobei das besagte tiberwachte Gerat umfasst:

eine zweite Systemsteuerung (24) zur Un-
terstiitzung der besagten Uberwachungs-
verbindung, wobei die besagte zweite Sy-
stemsteuerung auf die besagte Verbin-
dungsanforderung reagiert, um die besagte
Uberwachungsverbindung herzustellen (50
und 68); gekennzeichnet durch:

b) eine Sende-/Empfangseinrichtung
(30) zum Ubertragen (62 und 82) der
besagten ersten Sprachmuster und der
besagten zweiten Sprachmuster Uber
die besagte Uberwachungsverbin-
dung, ohne dass aus den besagten er-
sten Sprachmustern und zweiten
Sprachmustern ein einziger integrierter
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Sprachdatenstrom erzeugt wird.

System geman Anspruch 6, wobei die besagte zwei-
te Systemsteuerung (24) dafiir konfiguriert ist, die
besagte erste Verbindung fur eine erste Anzahl von
besagten ersten Sprachmustern zu lberwachen
(56), die zeitgleich mit einer zweiten Anzahl von be-
sagten zweiten Sprachmustern tiber die besagte er-
ste Verbindung (15) lbertragen wurden, wobei die
besagte zweite Systemsteuerung ferner dafir kon-
figuriertist, erste Bytes aus der besagten Anzahlvon
ersten Sprachmustern mit zweiten Bytes aus der be-
sagten Anzahl von zweiten Sprachmustern zu mi-
schen (60), um ein kombiniertes Sprachdatenpaket
zu erzeugen (40), das uber die besagte Uberwa-
chungsverbindung (17) an das besagte uberwa-
chende Gerat (12) Ubertragen wird.

System gemaf Anspruch 6, wobei die besagte zwei-
te Systemsteuerung (24) dafiir konfiguriert ist, die
besagte erste Verbindung (15) fiir eine Anzahl der
besagten ersten Sprachmuster zu Uberwachen (76),
die von dem besagten Uberwachten Gerat (10) zeit-
gleich mit der Ubertragung einer Anzahl von besag-
ten zweiten Sprachmustern tibertragen wird, wobei
die besagte zweite Systemsteuerung auf die Erken-
nung einer Anzahl der besagten ersten Sprachmu-
ster und einer Anzahl der besagten zweiten Sprach-
muster reagiert und die besagte Anzahl von ersten
Sprachmustern in Form von Datenrahmen in erste
Datenpakete sowie die besagte Anzahl von zweiten
Sprachmustern in zweite Datenpakete gliedert (80),
derart, dass jedes der besagten ersten Datenpakete
einen Teil der besagten Anzahl von ersten Sprach-
mustern enthélt, die einen Ubertragungszeitrahmen
aufweisen, der mit einem Ubertragungszeitranmen
eines Teils der besagten Anzahl von zweiten
Sprachmustern identisch ist, wobei der besagte Teil
der besagten Anzahl von zweiten Sprachmustern
auf zwei der besagten zweiten Datenpakete verteilt
ist.

System gemanR Anspruch 7 oder 8, wobei die besag-
te zweite Systemsteuerung (24) dafir konfiguriert
ist, die Verfugbarkeit von Prozessorressourcen in
dem besagten tiberwachten Gerat (10) festzustellen
(52 und 70) und eine hdhere Bandbreite fur die be-
sagte Uberwachungsverbindung (17) anzufordern
(55 und 74), als sie auf der besagten ersten Verbin-
dung (15) genutzt wurde, falls an dem besagten
Uberwachten Gerét nicht gentigend Prozessorres-
sourcen zur Verfiigung stehen, um die besagte An-
zahl von ersten Sprachmustern und die besagte An-
zahl von zweiten Sprachmustern mit einer héheren
Komprimierungsrate zu komprimieren (54 und 72),
als in der besagten ersten Verbindung fir die Kom-
primierung der besagten Anzahl von ersten Sprach-
mustern und der besagten Anzahl von zweiten
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Sprachmustern verwendet wurde.

Revendications

Procédé pour permettre a un terminal de surveillan-
ce (12) de surveiller silencieusement un premier ap-
pel vocal sur réseau de données (15) entre un pre-
mier et un second terminal (10 et 14) dans un envi-
ronnement de téléphonie sur réseau de données
comprenant les étapes consistant a :

établir (46 et 64) ledit premier appel vocal sur
réseau de données, ledit premier appel vocal
sur réseau de données comprenant un premier
train de données (16) comprenant de premiers
échantillons vocaux ayant pour origine ledit pre-
mier terminal et un second train de données (18)
comprenant de seconds échantillons vocaux
produits par ledit second terminal et regus sur
ledit premier terminal ;

recevoir (48 et 66) une demande (22) dudit ter-
minal de surveillance de surveiller ledit premier
appel vocal sur réseau de données ;

établir (50 et 68) un second appel vocal sur ré-
seau de données (17) entre ledit premier termi-
nal et ledit terminal de surveillance, et caracté-
risé par le fait de :

transmettre (62 et 70) lesdits premiers
échantillons vocaux et lesdits seconds
échantillons vocaux dudit premier terminal
audit terminal de surveillance dans ledit se-
cond appel vocal sur réseau de données
sans produire un seul train de données vo-
cales intégrées a partir desdits premiers
échantillons vocaux et seconds échan-
tillons vocaux.

Procédé selon la revendication 1 dans lequel ladite
étape de transmission (62) desdites premiéeres et
desdites secondes données vocales (16 et 18) audit
terminal de surveillance consiste & :

inspecter (56 et 76) des estampilles temporelles
de premiers paquets de données vocales dudit
premiertrain de données (16) et des estampilles
temporelles de seconds paquets de données
vocales dudit second train de données (18) pour
déterminer si un premier paquet de données vo-
cales a été transmis dans ledit premier appel
(15) depuis ledit premier terminal simultané-
ment a la transmission d'un second paquet de
données vocales, et

si ladite transmission simultanée est détectée,
multiplexer (60) des multiplets dudit premier pa-
guet de données vocales avec des multiplets
dudit second paquet de données vocales pour
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former un paquet multiplexé avant ladite étape
de transmission.

3. Procédé selon la revendication 1 comprenant par

ailleurs les étapes consistant a :

surveiller (56 et 76) ledit premier appel a la re-
cherche d’'une quantité desdits premiers échan-
tillons vocaux transmis depuis ledit premier ter-
minal (10) dans ledit premier appel simultané-
ment a la transmission depuis ledit second ter-
minal (14) d'une quantité desdits seconds
échantillons vocaux, et

si ladite transmission simultanée est identifiée
dans ledit premier appel (15), découper ladite
quantité de premiers échantillons vocaux en de
premiers paquets (16) et découper (80) ladite
guantité de seconds échantillons vocaux en de
seconds paquets (18) de telle sorte que chaque
premier paquet ait un temps de transmission qui
se superpose aux temps de transmission de se-
conds paquets consécultifs.

Procédé selon la revendication 3 dans lequel ladite
étape de découpage (80) de ladite quantité de pre-
miers échantillons vocaux et de ladite quantité de
seconds échantillons vocaux consiste a découper
ladite seconde partie de ladite quantité de seconds
échantillons vocaux de telle sorte que ladite seconde
partie soit divisée de maniére sensiblement égale
enlesdits deux seconds paquets consécutifs de don-
nées vocales.

Procédé selon la revendication 2, 3 ou 4 dans lequel
ladite étape d’établissement (50 et 68) dudit second
appel vocal sur réseau de données (17) consiste a :

déterminer (52 et 70) les ressources de traite-
ment disponibles dans ledit premier terminal
(20), et

si les ressources de traitement disponibles sont
insuffisantes pour permettre audit premier ter-
minal de comprimer lesdits premiers échan-
tillons vocaux (16) et lesdits seconds échan-
tillons vocaux (18) & un niveau de compression
plus élevé que celui utilisé pour transmettre les-
dits premiers échantillons vocaux et lesdits se-
conds échantillons vocaux dans ledit premier
appel (15), demander (55 et 74) une plus grande
largeur de bande pour ledit second appel que
celle utilisée dans ledit premier appel.

6. Systéme pour permettre la surveillance silencieuse

d’'un premier appel vocal sur réseau de données (15)
comprenant :

un dispositif de surveillance (12) comportant
une premiére commande de systéme (26) pour
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prendre en charge un appel de surveillance vo-
cal sur réseau de données (17), ladite comman-
de de systeme réagissant a une entrée d'utili-
sateur pour produire une demande d’établisse-
ment d’appel (22) pour ledit appel de surveillan-
ce, et

un dispositif surveillé (10) en contact communi-
cationnel avec ledit dispositif de surveillance sur
un réseau de données et configuré pour établir
(46 et 64) ledit premier appel vocal sur réseau
de données a un dispositif distant (14) de telle
sorte que ledit premier appel comprenne un pre-
mier train de données (16) comprenant des pre-
miers échantillons vocaux transmis depuis ledit
dispositif surveillé, et

un second train de données (18) comprenant
des seconds échantillons vocaux regus sur ledit
dispositif surveillé et produits par ledit dispositif
distant, ledit dispositif surveillé comprenant :

une seconde commande de systéme (24)
pour prendre en charge ledit appel de sur-
veillance, ladite seconde commande de
systeme réagissant a ladite demande d’éta-
blissement d’appel pour établir (50 et 68)
ledit appel de surveillance, et

caractérisé par

b) un émetteur-récepteur (30) pour transmettre
(62 et 82) lesdits premiers échantillons vocaux
et lesdits seconds échantillons vocaux dans le-
dit appel de surveillance sans produire un seul
train de données vocales intégrées a partir des-
dits premiers échantillons vocaux et seconds
échantillons vocaux.

Systéme selon la revendication 6 dans lequel ladite
seconde commande de systeme (24) est configurée
pour surveiller (56) ledit premier appel pendant une
premiere quantité desdits premiers échantillons vo-
caux qui a été transmise simultanément a une se-
conde quantité desdits seconds échantillons vocaux
dans ledit premier appel (15), ladite seconde com-
mande de systéme étant par ailleurs configurée pour
combiner (60) des premiers multiplets de ladite
quantité de premiers échantillons vocaux avec des
seconds multiplets de ladite quantité de seconds
échantillons vocaux pour former un paquet combiné
(40) a transmettre dans ledit appel de surveillance
(17) audit dispositif de surveillance (12).

Systéme selon la revendication 6 dans lequel ladite
seconde commande de systeme (24) est configurée
pour surveiller (76) ledit premier appel (15) pendant
une quantité desdits premiers échantillons vocaux
transmis depuis ledit dispositif surveillé (10) simul-
tanément a la transmission d’'une quantité desdits
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seconds échantillons vocaux, ladite seconde com-
mande de systéme réagissant a la détection d'une
quantité desdits premiers échantillons vocaux et
d’'une quantité desdits seconds échantillons vocaux
pour découper (80) ladite quantité de premiers
échantillons vocaux en de premiers paquets de don-
nées et ladite quantité de seconds échantillons vo-
caux en de seconds paquets de données de telle
sorte que chacun desdits premiers paquets de don-
nées comprenne une partie de ladite quantité de pre-
miers échantillons vocaux ayant une tranche de
temps de transmission identique a une tranche de
temps de transmission d’une partie de ladite quantité
de seconds échantillons vocaux, ladite partie de la-
dite quantité de seconds échantillons vocaux étant
divisée en deux desdits seconds paquets de don-
nées.

Systéme selon la revendication 7 ou 8 dans lequel
ladite seconde commande de systeme (24) est con-
figurée pour déterminer (52 et 70) la disponibilité de
ressources de traitement dans ledit dispositif sur-
veillé (10) et pour demander (55 et 74) une plus gran-
de largeur de bande pour ledit appel de surveillance
(17) que celle utilisée dans ledit premier appel (15)
si les ressources de traitement a la disposition dudit
dispositif surveillé sont insuffisantes pour comprimer
(54 et 72) ladite quantité de premiers échantillons
vocaux et ladite quantité de seconds échantillons
vocaux a un niveau de compression plus élevé que
celui utilisé pour comprimer ladite quantité de pre-
miers échantillons vocaux et ladite quantité de se-
conds échantillons vocaux dans ledit premier appel.
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